A model of the cochlea is explored using as stimuli two simultaneously presented sinusoids of equal amplitude. The model consists of two stages: a linear bandpass filter, followed by a reservoir-type representation of the hair-cell/nerve-fiber complex. Fast Fourier transforms of the model's output were computed. While the amplitudes of the individual response components were-strongly nonlinear functions of intensity, the ratio of the magnitudes of the response components at the frequencies of the two stimulating sinusoids was found to be nearly equal, over a wide intensity range, to the ratio of the amplitudes which those stimulating sinusolds possessed at the output of the filter. Thus the reservoir stage exerts "automatic gain 
INTRODUCTION
There is a curious paradox in the temporal patterning of responses of auditor•-nerve fibers. On the one hand, when a single tone is used, the synchrony evoked by that tone (as measured by the unnormalized Fourier transform coefficient at that frequency, frequently called the "synchronized rate") is a strongly nonlinear function of stimulus amplitude. On the other hand, the shape of the period histogram remains that of a sinusoid (typically half-wave rectified, as no negative values can occur) over a wide intensity range (Rose et al., 1967) . Likewise, when complex sounds are used, there are many conditions in which the response patterns behave like those of a linear system. Fourier transforms of the reverse correlograms obtained using white noise stimuli, for one example, are close approximations to the observed frequency selectivity obtained using pure tones (Evans, 1977 (Evans, , 1985 . For another example, we demonstrated recently that the single-tone frequency selectivity of a cochlear-nerve fiber could be determined from the relative degree of synchronization it displayed to the components of a twotone signal, and that this measure changed relatively little over a moderate range of sound-pressure levels (Greenberg et al., 1986) .
It is the purpose of this paper to show that a simple model of the auditory periphery that incorporates a single reservoir of hair-cell neurotransmitter shares these same paradoxical characteristics. We will show that this reservoir acts like an "automatic gain control" device, providing good reproduction of the short-term waveforms while adjusting the overall amplitude envelope of the response according to stimulus strength.
I. THE MODEL
A schematic diagram of the model is shown in Fig. 1 . It consists of two stages: a linear bandpass filter, followed by a reservoir-type representation of the hair-cell/nerve-fiber complex. The linear filter is of the type described by Duifhuis (1973) . It is a minimum-phase filter which is specified by the resonant frequency and by the sum of the absolute values of the low-and high-frequency slopes. For the purposes of this paper, the resonant (characteristic) frequency was set at 978 Hz and the combined slopes at 81 dB/oet. With these parameters, the filter's frequency-response characteristic, shown in Fig. 5 , is a close approximation in shape to that of fiber A33 of the Carney-Geisler study (1986) .
The reservoir stage of our model is a modified version of the Oon.o-Sujaku reservoir-type representation of the haircell/nerve-fiber complex (1975a,b). In this representation the instantaneous discharge of the afferent fiber is proportional both to the contents, c(t), of the single neurotransmitter reservoir and to a permeability function, z(t), which is related to the stimulus waveform. Specifically, the probability, p(t), of a nerve-fiber discharge within a small period of time At is, approximately,
where r(t) is a refractory function. The permeability function, z (t), is assumed in this representation to be proportional to a half-wave rectified version of the sum of the input waveform and a de bias (required to simulate a fiber's spontaneous discharge rate). For the refractory function, we assumed an absolute refractory period of 1 ms, followed (our modification) by a 4-ms period of exponentially decreasing relative refractoriness. Parameters were adjusted for a spontaneous rate of 60 discharges/s. Waveforms generated by the model, when tuned to a resonant frequency of 100 Hz and presented with a tone burst ofthat frequency at 40 dB SL • amplitude, are shown in Fig. 2 . The output of the model, probability of discharge, is shown as a function of time in Fig. 2(a 
II. RESPONSES OF THE MODEL TO TWO-TONE SIGNALS
Signals comparable to those presented in our p•evious study (Greenberg et al., 1986 ) were used to stimulate the two-stage model. These stimuli were the sum of two sinusoids of equal amplitude and starting phase. The frequency of one of the components was always the same as the filter's characteristic .frequency (fcF), while the frequency of the second component (fv) was varied across a range of an oc- the ratio of their amplitudes decreases as the difference between the two frequencies grows larger. Notice that the function traced out by these response ratios is very similar in shape to that of the filter's frequency characteristic, shown as the solid curve. That is, the ratio of response amplitudes for any pair of input sinusoids is very similar to the ratio of the amplitudes that those sinusoids have at the output of the filter. (1975a,b) . The filtered spectra ofsome other complex stimuli, such as random noise or tone complexes, would also be largely preserved across a wide intensity range, as has been demonstrated physiologically (Evans, 1977 (Evans, , 1985 . This automatic gain control was previously recognized by Evans, who incorporated circuits for it into his analog model of the cochlea (1980). Looked at in another way, the model exhibits "two-tone synchrony suppression." Consider, for example, the case when the model, with the filter stage tuned to 978 Hz, was stimulated with a single sinewave of 586 Hz at 70 dB SL. This single tone was attenuated by 20.6 dB in the filter (cf. Fig. 5 ), yet still caused a nearly saturated synchronized-rate response of 146 spikes/s (43.3 dB relative to unity). When a 70-dB sinusold at the characteristic frequency of the filter (978 Hz) was added to the first tone, the model responded as an automatic-gain-control device. That is, the synchronized response to the major component, the characteristic-frequency sinusoid, became 159 spikes/s (44.0 riB), while that to the 586-Hz tone dropped to 16 spikes/s (24.1 dB). This 19.9-dB ratio of response amplitudes is nearly the same as that of the two stimulating sinusoids as they left the filter (20.6 dB). The model therefore preserves the filtered waveform, but in doing so has reduced the 586-Hz response component by 19.2 dB {43.3-24.1 dB). This certainly is synchrony suppression, as commonly defined, but we feel that viewing the process instead as automatic gain control provides the more fundamental insight.
The present model does not, however, apply in all castes.
It is well known that stimulus components placed on the outskirts of a'fiber's response area can, under certain conditions, either reduce the total discharge rate (e.g., Sachs and Kiang, 1968) 
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2Several different phenomena appear to contribute to the reduction of the amplitude of the synchronized response to one tone when other components are added to the stimulus. These effects have usually been lumped together under the single term "suppression." We feel that new terminology is needed which will distinguish between the different effects. We suggest, therefore, that the phenomena described in this paper be denoted "automatic gain control,'* those which actually reduce rate as "rate'suppression," and those where one tone takes more than its share of synchrony (as esthnated from the filter function) be termed "strong-signal capture•" If these latter two phenomena are shown to have the same source (cf. Jau and Geisler, 1983), then a more compact terminology would be possible.
